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information sequence 101 by using DB voice segments 105 in
a voice segment database 4. An output voice segment
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between the input language information sequence 101 and
each of the candidate voice segment sequences 102 by using
aparameter 107 showing a value according to a cooccurrence
criterion 106 for cooccurrence between the input language
information sequence 101 and a sound parameter showing the
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basis of the degree of match.

6 Claims, 5 Drawing Sheets

105

Voice Segment
Database

106,107

Parameter
Dictionary



U.S. Patent Jan. 5,2016 Sheet 1 of 5 US 9,230,536 B2

FIG.1

101~

A 4

Candidate Voice Segment|_ S
Sequence Generator

105
(1

Voice Segment
Database

102~
Y

2 106,107 5

| Output Voice Segment | S
Sequence Determinator

Parameter
Dictionary

103~

Y

3

Waveform Segment
Connector

1o4vl

FIG.2

Input Language Information
m/L
i/L
zH
u/H
u/H
m/L
i/L




US 9,230,536 B2

Sheet 2 of 5

Jan. 5§, 2016

U.S. Patent

(] PAUOLTAIN-3A0]Y OF JE[TWIS e1B(] B18(] POUCTIUSIA-9A0QY OF, Ie[uIg vle(] H/R 8
©8(] PUOHUSJA-3A0qY O] JE[TWIS EjB(] BIB(] POUOIIURA-2A0QY O, Te[TWIS v1e HZ L
©jE(] PAUONUAIN-3A0QY O] JE[TWIS BIB( B1B(] PAUOIIUSIA-RA0QY O JB[IuIg BIe(] g 9
(] PAUOTIUAIN-240Q 0] R[IWIg BIB(] 2B PIUOIIUIIN-AOQY O], Je[Tuxi§ eje T4 S
©JB(] POUOIUIN-2A0GY O] JRIIUIS BJe(] BB POUOIIUSIA-RA0QY O, JE[IWIS Bl Hm %4
vJe(] PAUCTIUIN-240qY O Je[IwIg eje(] BJB(] PAUONIURN-2A0QY O Je[TWI§ e1e(] HZ £
1e(] POUOHTSIN-3A0QY O] JE[TIIG BlB(] BJB(] POUOIUIA-2A0QY O JB[ILUIS BIB(] . T
60€ ~ WH/ZH T/ 4/ 4t/ 40 TFUOWUOTIAUZ SNSTNFULT
80E~ ¢ ‘uongIng
LOE ~ 1 :Kouanbaui ] rejuswepunJ
¢ :umnoadg JO puq JoT 1y pueq Kouanbary yyuay, uy apmyijdury 30 9Fury) [erodway,
90¢ o
souenbag [eusis 7- ‘unaoadg wo .@sm cow 1V pueg \Gswsg.i 18] &% %:EME< 10 98uey) Eoweuh
2INSSA1] PUNOY 9 :wnapadg JO pug 1ySry 1y pueg Asusnbaig yius], ul spnyrjdwy 1w I
/, unnoads 10 pug 1y3ry 1y pueq Aousnbar] isity uf spniydwy
50¢+ ¢ rumnoadg JO pug 17977 1y pueg Aouenbar] yiual uy spnpjdury
L€ ‘wnaoadg 10 pug Yo 1 pueg Aousnbaig 3sug uy spruijdwy
3 uorjewIojuy
JUAWZIS WIOIIABM Jojotueled punoy D%NSMCN\H aa IaquInNj|
$0g’ £0¢’ z0¢’ 10¢°

¢ DId




US 9,230,536 B2

Sheet 3 of 5

Jan. 5§, 2016

U.S. Patent

6 ST TUSWSIS 9II0A JUALINY JO) UoKERIN( puy ‘w s] uoneuwoju] sfendue T induy Swpaseld isa JO sweuoyd
‘e s] uorjewzoyu] oSendue Induy usLIY JO WUy

0l

¢ S JuatSag A0 WAL JO wnnoadg JO pus Yo 1y pueg Louanbarg 11 u] aprandury puy 7 S| Juswdag 99104 FuIpasald 1814
10 wnnoadg JO pug 13y 1y pueq Kousnbaxy isi up apmyrdwy ‘e s| uoneunoju sfendue induy JuaLny jO swaLoyq

S JuawBag 80104 jusny) JO wnneadg JO pug Yo 1y pueq Aouenbax] isur uj epruydwry puy ‘¢ S JusWSG 99107 FUIPadald Isily]
10 wnnoadg JO pug 1YSY 1V pueg Aousnbax isany uf spmrdury ‘e s] wonewdoyu] ofenguer jnduy juauny 30O awsuoyd

£ ST Wawdag 20104 JUALINY 3O Aouanbax [ejuswepun ] puy ‘9 s] 1uawdeg 20104 Surpeoaid 1811 JO Aousnbar [ejuswepun,y
‘¢ 8] JuoWBag 90107 BUIPa021g Pu0ssg () Aouanbas [eyuawepun,{ ‘f s vorewroyut 28endue nduj Juarmy 3O 1YSILY punog

w sy uoneunou] afenFue induy Surpasalq 18114 JO sWwauoyy puy ‘e sJ uonpurioju] adendue jnduy Juaimy JO swsUoy
‘1 51 1wowBag 30104 Furpaoard 18I JO Aouenbar [ejuowepUn,] puy JuowSag 9910/ JuaLmy) JO Aousubai,] [euswiepun { UsaMIdF U1

w s7 uorgeunioguy a8enduert induy Surpasei 1SI1] 3O SWAUOY] pUY ‘e ST uorewsoju] aFengue induy Jualng JO SWUOYJ ‘) ST
wawgag 90104 Surpaseld 18111 JO Aouanbar [esuswiepun,] puy juswdog 99107 WaLND) 7O Aousnbai] [ejudwepun ] uIamidg U

[ s73uatdog 20104 Surpsoaid 11 7O Aouanbai ] [ejuswepUN,] PUY JUSWSIS 3010 JuaLn) 3O Aousnbai] [ejustwepun,] Usamdg 20U

0 ST Juswiag 90107 SuIpasaid 18411 JO Aouanbar] jeusepunyg puy Juswides a01op juauny) JO Aauanboig [ejuowepun,| usaMIag SOUIRHIQ

MI

¢ ST JuswSag 93I0A JuaLM)) JO Aousnbax,y [euswepun,f puy ‘g s] ucneunozu] 98endue mnduy Jusnny JO 1YSISH punog

N | 0| <t

01

J ST tuswidag 9010A 1usiIny) JO Aausnbar] jejuswepung puy ‘H S| uonewioyu] oSendueT indu] juaniny JO YSISH punos

I

J9luete

BLISIID) S0URIINII00D)

JoquinN

L0T°

901’

7 DIA

10p°




U.S. Patent Jan. 5,2016 Sheet 4 of 5 US 9,230,536 B2

FIG.5
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1
VOICE SYNTHESIZER

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a voice synthesizer that
synthesizes a voice from voice segments according to a time
sequence of input language information.

2. Description of Related Art

There has been proposed a voice synthesis method based
on a large-volume voice database, of using, as a measure, a
statistical likelihood based on an HMM (Hidden Markov
Model) used for voice recognition and so on, instead of a
measure which is a combination of physical parameters deter-
mined on the basis of prospective knowledge, thereby pro-
viding an advantage of having rationality and homogeneity in
voice quality on the basis of a probability measure of the
synthesis method based on the HMM, together with an advan-
tage of providing high quality because of the voice synthesis
method based on a large-volume voice database and aimed at
implementing a high-quality and homogeneous synthesized
voice (for example, refer to patent reference 1).

According to the method disclosed by patent reference 1,
by using both an acoustic model showing a probability of
outputting an acoustic parameter (a linear predictor coeffi-
cient, a cepstrum, etc.) series for each state transition accord-
ing to phoneme, and a rhythm model showing a probability of
outputting a rhythm parameter (a fundamental frequency etc.)
series for each state transition according to rhythm, a voice
segment cost is calculated from the acoustical likelihood of
the acoustic parameter series for each state transition corre-
sponding to each phoneme which constructs a phoneme
sequence for an input text, and the prosodic likelihood of the
rhythm parameter series for each state transition correspond-
ing to each rhythm which constructs a rhythm sequence for
the input text, and voice segments are selected according to
the voice segment costs.

RELATED ART DOCUMENT
Patent Reference

Patent reference 1: Japanese Unexamined Patent Application
Publication No. 2004-233774

A problem with the conventional voice synthesis method
mentioned above is, however, that it is difficult to determine
how to determine “according to phoneme” for selection of
voice segments, and therefore an appropriate acoustic model
according to appropriate phoneme cannot be acquired and a
probability of outputting the acoustic parameter series cannot
be determined appropriately. Further, a problem is that like in
the case of rhythms, it is difficult to determine how to deter-
mine “according to rhythm”, and therefore an appropriate
rhythm model according to appropriate rhythm cannot be
acquired and a probability of outputting the rhythm parameter
series cannot be determined appropriately.

Another problem is that because the probability of an
acoustic parameter series is calculated by using an acoustic
model according to phoneme in a conventional voice synthe-
sis method, the acoustic model according to phoneme is not
appropriate for an acoustic parameter series depending on a
rhythm parameter series, and a probability of outputting the
acoustic parameter series cannot be determined appropri-
ately. Further, another problem is that like in the case of
rhythms, because the probability of a thythm parameter series
is calculated by using a rhythm model according to rhythm in
the conventional voice synthesis method, the rhythm model
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according to rhythm is not appropriate for a rhythm parameter
series depending on an acoustic parameter series, and a prob-
ability of outputting the rhythm parameter series cannot be
determined appropriately.

A further problem with a conventional voice synthesis
method is that although a phoneme sequence (power for each
phoneme, a phoneme length, and a fundamental frequency)
corresponding to an input text is set up and an acoustic model
storage for outputting an acoustic parameter series for each
state transition according to phoneme is used, as mentioned in
patent reference 1, an appropriate acoustic model cannot be
selected if the accuracy of the setup of'the phoneme sequence
is low when such an acoustic model storage is used. A still
further problem is that a setup of a phoneme sequence is
needed and the operation becomes complicated.

A further problem with the conventional voice synthesis
method is that a voice segment cost is calculated on the basis
of a probability of outputting a sound parameter series, such
as an acoustic parameter series or a rhythm parameter series,
and therefore does not take into consideration the importance
in terms of auditory sense of the sound parameter and voice
segments acquired become unnatural auditorily.

SUMMARY OF THE INVENTION

The present invention is made in order to solve the above-
mentioned problems, and it is therefore an object of the
present invention to provide a voice synthesizer that can gen-
erate a high-quality synthesized voice.

In accordance with the present invention, there is provided
a voice synthesizer including: a candidate voice segment
sequence generator that generates candidate voice segment
sequences for an inputted language information sequence
which is an inputted time sequence of voice segments by
referring to a voice segment database that stores time
sequences of voice segments; an output voice segment deter-
minator that calculates the degree of match between each of
the candidate voice segment sequences and the input lan-
guage information sequence by using a parameter showing a
value according to a criterion for cooccurrence between the
input language information sequence and a sound parameter
showing an attribute of each of a plurality of candidate voice
segments in the candidate voice segment sequence to deter-
mine an output voice segment sequence according to the
degree of match; and a waveform segment connector that
connects between the voice segments corresponding to the
output voice segment sequence to generate a voice waveform.

Because the voice synthesizer in accordance with the
present invention calculates the degree of match between
each of the candidate voice segment sequences and the input
language information sequence by using the parameter show-
ing the value according to the criterion for cooccurrence
between the input language information sequence and the
sound parameter showing the attribute of each of the plurality
of candidate voice segments in the candidate voice segment
sequence to determine an output voice segment sequence
according to the degree of match, the voice synthesizer can
generate a high-quality synthesized voice.

Further objects and advantages of the present invention
will be apparent from the following description of the pre-
ferred embodiments of the invention as illustrated in the
accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram showing a voice synthesizer in
accordance with any one of Embodiments 1 to 5 ofthe present
invention;
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FIG. 2 is an explanatory drawing showing an inputted
language information sequence inputted to the voice synthe-
sizer in accordance with any one of Embodiments 1 to 5 of the
present invention;

FIG. 3 is an explanatory drawing showing a voice segment
database of the voice synthesizer in accordance with any one
of Embodiments 1 to 5 of the present invention;

FIG. 4 is an explanatory drawing showing a parameter
dictionary of the voice synthesizer in accordance with any
one of Embodiments 1 to 5 of the present invention;

FIG. 5 is a flow chart showing the operation of the voice
synthesizer in accordance with any one of Embodiments 1 to
5 of the present invention; and

FIG. 6 is an explanatory drawing showing an example of
the inputted language information sequence and a candidate
voice segment sequence in the voice synthesizer in accor-
dance with Embodiment 1 of the present invention.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

The preferred embodiments of the present invention will be
now described with reference to the accompanying drawings.
In the following description of the preferred embodiments,
like reference numerals refer to like elements in the various
views. Embodiment 1.

FIG. 1 is a block diagram showing a voice synthesizer in
accordance with Embodiment 1 of the present invention. The
voice synthesizer shown in FIG. 1 includes a candidate voice
segment sequence generator 1, an output voice segment
sequence determinator 2, a waveform segment connector 3, a
voice segment database 4, and a parameter dictionary 5. The
candidate voice segment sequence generator 1 combines an
input language information sequence 101, which is inputted
to the voice synthesizer, and DB voice segments 105 in the
voice segment database 4 to generate candidate voice seg-
ment sequences 102. The output voice segment sequence
determinator 2 refers to the input language information
sequence 101, a candidate voice segment sequence 102, and
the parameter dictionary 5 to generate an output voice seg-
ment sequence 103. The waveform segment connector 3
refers to the output voice segment sequence 103 to generate a
voice waveform 104 which is an output of the voice synthe-
sizer 6.

The input language information sequence 101 is a time
sequence of pieces of input language information. Each piece
of input language information consists of symbols showing
the descriptions in a language of a voice waveform to be
generated, such as a phoneme and a sound height. An example
of the input language information sequence is shown in FIG.
2. This example is an input language information sequence
showing a voice waveform “# (lake)” (#¥'2% (mizuumi))
to be generated, and is a time sequence of seven pieces of
input language information. For example, the first input lan-
guage information shows that the phoneme ism and the sound
height is L, and the third input language information shows
that the phoneme is z and the sound height is H. In this
example, m is a symbol showing the consonant of “# (mi)”
which is the first syllable of “# (mizuumi).” The sound
height L is a symbol showing that the sound level is low, and
the sound height H is a symbol showing that the sound level
is high. The input language information sequence 101 can be
generated by a person, or can be generated mechanically by
performing an automatic analysis on a text showing the
descriptions in a language of a voice waveform to be gener-
ated by using a conventional typical language analysis tech-
nique.
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The voice segment database 4 stores DB voice segment
sequences. Each DB voice segment sequence is a time
sequence of DB voice segments 105. Each DB voice segment
105 consists of a waveform segment, DB language informa-
tion, and sound parameters. The waveform segment is a sound
pressure signal sequence. The sound pressure signal sequence
is a fragment of a time sequence of a signal regarding a sound
pressure which is acquired by recording a voice uttered by a
narrator or the like by using a microphone or the like. A form
of recording a waveform segment can be a form in which the
data volume is compressed by using a conventional typical
signal compression technique. The DB language information
is symbols showing the waveform segment, and consists of a
phoneme, a sound height, etc. The phoneme is a phonemic
symbol or the like showing the sound type (reading) of the
waveform segment. The sound height is a symbol showing the
sound level of the waveform segment, such as H (high) or L.
(low). The sound parameters consist of information, such as a
spectrum, a fundamental frequency, and a duration, acquired
by analyzing the waveform segment, and a linguistic environ-
ment, and are information showing the attribute of each voice
segment.

The spectrum is values showing the amplitude and phase of
a signal in each frequency band of the sound pressure signal
sequence which are acquired by performing a frequency
analysis on the sound pressure signal sequence. The funda-
mental frequency is the vibration frequency of the vocal cord
which is acquired by analyzing the sound pressure signal
sequence. The duration is the time length of the sound pres-
sure signal sequence. The linguistic environment is symbols
which consist of a plurality of pieces of DB language infor-
mation including pieces of DB language information preced-
ing to current DB language information and pieces of DB
language information following the current DB language
information. Concretely, the linguistic environment consists
of DB language information secondly preceding the current
DB language information, DB language information first pre-
ceding the current DB language information, DB language
information first following the current DB language informa-
tion, and DB language information secondly following the
current DB language information. When the current DB lan-
guage information is the top or end of a voice, each of the first
preceding DB language information and the first following
DB language information is expressed by a symbol such as an
asterisk (*). The sound parameters can include, in addition to
the above-mentioned quantities, a conventional feature quan-
tity used for selection of voice segments, such as a feature
quantity showing a temporal change in the spectrum or an
MFCC (Mel Frequency Cepstral Coefficient).

An example of the voice segment database 4 is shown in
FIG. 3. This voice segment database 4 stores time sequences
of DB voice segments 105 each of which is comprised of a
number 301, DB language information 302, sound param-
eters 303, and a waveform segment 304. The number 301 is
added in order to make each DB voice segment easy to be
identified. The sound pressure signal sequence of the wave-
form segment 304 is a fragment of a time sequence of a signal
regarding a sound pressure which is acquired by recording a
first voice “#4" (mizu)”, a second voice “&+ (kize)...”,
and . . . which are uttered by a narrator by using a microphone
or the like. The sound pressure signal sequence whose num-
ber 301 is 1 is a fragment corresponding to the head of the first
voice “%#7 (mizu).” The DB language information 302
shows a phoneme and a sound height which sandwich a slash
between them. The phonemes of the time sequences are m, 1,
7,0, k, 1, 7, e, and . . . , and the sound heights of the time
sequences are L, [, H, H, L., L, H, H, and . . . in the example.
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For example, the phoneme m whose number 301 is 1 is a
symbol showing the type (reading) of voice corresponding to
the consonant of “# (mi)” of the first voice “#7" (mizu)”,
and the sound height [ whose number 301 is 1 is a symbol
showing a sound level corresponding to the consonant of “mi”
of the first voice “#7" (mizu).”

In the example, the sound parameters 303 consist of spec-
tral parameters 305, temporal changes in spectrum 306, a
fundamental frequency 307, a duration 308, and a linguistic
environment 309. The spectral parameters 305 consist of
amplitude values in ten frequency bands each of which is
quantized to one of ten levels ranging from 1 to 10 for each of
signals at a left end (forward end with respect to time) and at
a right end (backward end with respect to time) of the sound
pressure signal sequence. The temporal changes in spectrum
306 consist of temporal changes in the amplitude values in the
ten frequency bands each of which is quantized to one of 21
levels ranging from —-10 to 10 in the fragment at the left end
(forward end with respect to time) of the sound pressure
signal sequence. Further, the fundamental frequency 307 is
expressed by a value quantized to one of ten levels ranging
from 1 to 10 for a voiced sound, and is expressed by O for a
voiceless sound. Further, the duration 308 is expressed by a
value quantized to one of ten levels ranging from 1 to 10.
Although the number of levels in the quantization is 10 in the
above-mentioned example, the number of levels in the quan-
tization can be a different number according to the scale of the
voice synthesizer, etc. Further, the linguistic environment 309
in the sound parameters 303 of number 1 is “*/**/*1/L.z/H”,
and FIG. 3 shows that the linguistic environment consists of
DB language information (*/*) secondly preceding the cur-
rent DB language information (m/L.), DB language informa-
tion (*/*) first preceding the current DB language information
(m/L), DB language information (i/L) first following the cur-
rent DB language information (m/L), and DB language infor-
mation (z/H) secondly following the current DB language
information (m/L).

The parameter dictionary 5 is a unit that stores pairs of
cooccurrence criteria 106 and a parameter 107. The cooccur-
rence criteria 106 is a criterion by which to determine whether
the input language information sequence 101 and the sound
parameters 303 of a plurality of candidate voice segments of
a candidate voice segment sequence 102 have specific values
or symbols. The parameter 107 is a value which is referred to
according to the cooccurrence criteria 106 in order to calcu-
late the degree of match between the input language informa-
tion sequence and the candidate voice segment sequence.

In this case, the plurality of candidate voice segments indi-
cate a current candidate voice segment, a candidate voice
segment first preceding (or secondly preceding) the current
candidate voice segment, and a candidate voice segment first
following (or secondly following) the current candidate voice
segment in the candidate voice segment sequence 102.

The cooccurrence criteria 106 can also include a criterion
that the results of computation, such as the difference among
the sound parameters 303 of the plurality of candidate voice
segments in the candidate voice segment sequence 102, the
absolute value of the difference, a distance among them, and
a correlation value among them, are specific values. The
parameter 107 is a value which is set according to whether or
not the combination (cooccurrence) of the input language
information and the sound parameters 303 of the plurality of
candidate voice segments is preferable. When the combina-
tion is preferable, the parameter is set to a large value; other-
wise, the parameter is set to a small value (negative value).

An example of the parameter dictionary 5 is shown in FIG.
4. The parameter dictionary 5 is a unit that stores sets of a
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6

number 401, cooccurrence criteria 106, and a parameter 107.
The number 401 is added in order to make the cooccurrence
criteria 106 easy to be identified. The cooccurrence criteria
106 and the parameter 107 can show a relationship in prefer-
ability among the input language information sequence 101,
a series of rhythm parameters, such as a fundamental fre-
quency 307, a series of acoustic parameters, such as spectral
parameters 305, and so on in detail. Examples of the cooc-
currence criteria 106 are shown in FIG. 4. Because the fun-
damental frequency 307 in the sound parameters 303 of the
current candidate voice segment has a useful (preferable or
unpreferable) relationship with the sound height of the cur-
rent input language information sequence 101, criteria
regarding both the fundamental frequency 307 in the sound
parameters 303 of the current candidate voice segment and
the sound height of the current input language information
(e.g., the cooccurrence criteria 106 of numbers 1 and 2 of FIG.
4) are described.

Because the difference between the fundamental fre-
quency 307 of the current candidate voice segment and that of
the first preceding candidate voice segment does not have a
useful relationship with the current input language informa-
tion fundamentally, only a criterion regarding the difference
between the fundamental frequency of the current candidate
voice segment and that of the first preceding candidate voice
segment (e.g., the cooccurrence criteria 106 of numbers 3 and
4 of FIG. 4) is described. However, because the difference
between the fundamental frequency 307 of the current can-
didate voice segment and that of the first preceding candidate
voice segment has a useful relationship with a specific pho-
neme in the current input language information and a specific
phoneme in the first preceding input language information,
criteria regarding the difference between the fundamental
frequency 307 of the current candidate voice segment and that
of the first preceding candidate voice segment, the specific
phoneme in the current input language information, and the
specific phoneme in the first preceding input language infor-
mation (e.g., the cooccurrence criteria 106 of numbers 5 and
6 of FIG. 4) are described. Because the fundamental fre-
quency 307 in the sound parameters 303 of the current can-
didate voice segment has a useful relationship with the sound
height of the current input language information, the funda-
mental frequency 307 in the sound parameters 303 of the first
preceding candidate voice segment, and the fundamental fre-
quency 307 in the sound parameters 303 of the second pre-
ceding candidate voice segment, cooccurrence criteria 106
regarding these parameters (e.g., the cooccurrence criteria
106 of number 7 of FIG. 4) are described.

Because the amplitude in the first frequency band at the left
end of the spectrum in the sound parameters 303 of the current
candidate voice segment has a useful relationship with the
phoneme of the current input language information and the
amplitude in the first frequency band at the right end of the
spectrum in the sound parameters 303 of the first preceding
candidate voice segment, cooccurrence criteria 106 regarding
these parameters (e.g., the cooccurrence criteria 106 of num-
bers 8 and 9 of FIG. 4) are described. Because the duration
308 in the sound parameters 303 of the current DB voice
segment has a useful relationship with the phoneme of the
current input language information sequence and the pho-
neme of the first preceding input language information
sequence, cooccurrence criteria 106 regarding these param-
eters (e.g., the cooccurrence criteria 106 of number 10 of FIG.
4) are described. Although cooccurrence criteria 106 are pro-
vided when there is a useful relationship in the above-men-
tioned example, the present embodiment is not limited to this
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example. Also when there is no useful relationship, cooccur-
rence criteria 106 can be provided. In this case, the parameter
is set to O.

Next, the operation of the voice synthesizer in accordance
with Embodiment 1 will be explained. FIG. 5 is a flow chart
showing the operation of the voice synthesizer in accordance
with Embodiment 1.
<Step ST1>

In step ST1, the candidate voice segment sequence genera-
tor 1 accepts an input language information sequence 101 as
an input to the voice synthesizer.
<Step ST2>

In step ST2, the candidate voice segment sequence genera-
tor 1 refers to the input language information sequence 101 to
select DB voice segments 105 from the voice segment data-
base 4, and sets these DB voice segments as candidate voice
segments. Concretely, as to each of pieces of input language
information, the candidate voice segment sequence generator
1 selects a DB voice segment 105 whose DB language infor-
mation 302 matches the input language information, and sets
this DB voice segment as a candidate voice segment. For
example, DB language information 302 shown in FIG. 3
which matches the first input language information in the
input language information sequence shown in FIG. 2 is the
one of a DB voice segment of number 1. The DB voice
segment of number 1 has a phoneme of m and a sound height
of L, and these phoneme and sound height match the pho-
neme m and the sound height L. of the first input language
information shown in FIG. 2 respectively.
<Step ST3>

In step ST3, the candidate voice segment sequence genera-
tor 1 generates candidate voice segment sequences 102 by
using the candidate voice segments acquired in step ST2. A
plurality of candidate voice segments are usually selected for
each of the pieces of input language information, and all
combinations of these candidate voice segments are provided
as a plurality of candidate voice segment sequences 102.
When the number of candidate voice segments selected for
each of' the pieces of input language information is one, only
one candidate voice segment sequence 102 is provided. In this
case, subsequent processes (steps ST3 to ST5) can be omit-
ted, the candidate voice segment sequence 102 can be set as
an output voice segment sequence 103, and the voice synthe-
sizer can shift its operation to step ST6.

In FIG. 6, an example of the candidate voice segment
sequences 102 and an example of the input language infor-
mation sequence 101 are shown while they are brought into
correspondence with each other. The candidate voice seg-
ment sequences 102 shown in this figure are the plurality of
candidate voice segment sequences which are generated, in
step ST3, by selecting DB voice segments 105 from the voice
segment database 4 shown in FIG. 3 with reference to the
input language information sequence 101. The input lan-
guage information sequence 101 is the time sequence of
pieces of input language information as shown in FIG. 2.

In this example, each box shown by a solid line rectangular
frame in the candidate voice segment sequences 102 shows
one candidate voice segment and each line connecting
between boxes shows a combination of candidate voice seg-
ments. The figure shows that eight possible candidate voice
segment sequences 102 are acquired in the example. Further,
the figure shows that second candidate voice segments 601
corresponding to the second input language information (i/L)
are a DB voice segment of number 2 and a DB voice segment
of number 6.
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<Step ST4>

In step ST4, the output sound element sequence determi-
nator 2 calculates the degree of match between each of the
candidate voice segment sequences 102 and the input lan-
guage information sequence on the basis of cooccurrence
criteria 106 and parameters 107. A method of calculating the
degree of match will be described in detail by taking, as an
example, a case in which cooccurrence criteria 106 are
described as to the second preceding candidate voice seg-
ment, the first preceding candidate voice segment, and the
current candidate voice segment. The output sound element
sequence determinator refers to the (s-2)-th input language
information, the (s—1)-th input language information, the s-th
input language information, and the sound parameters 303 of
the candidate voice segments corresponding to these pieces of
input language information to search for applicable cooccur-
rence criteria 106 from the parameter dictionary 5, and sets a
value which is acquired by adding the parameters 107 corre-
sponding to all the applicable cooccurrence criteria 106 as a
parameter additional value. In this case, “s-th” is a variable
showing a time position of each piece of input language
information in the input language information sequence 101,
and so on.

At this time, the “second preceding input language infor-
mation” in cooccurrence criteria 106 corresponds to the
(s=2)-th input language information, the “first preceding
input language information” in cooccurrence criteria 106 cor-
responds to the (s—1)-th input language information, and the
“current input language information” in cooccurrence criteria
106 corresponds to the s-th input language information. At
this time, the “second preceding voice segment” in cooccur-
rence criteria 106 corresponds to the candidate voice segment
corresponding to the input language information of number
(s-2), the “first preceding voice segment” in cooccurrence
criteria 106 corresponds to the candidate voice segment cor-
responding to the input language information of number
(s=1), and the “current voice segment” in cooccurrence cri-
teria 106 corresponds to the DB voice segment corresponding
to the input language information of number s. The degree of
match is a parameter additional value acquired by changing s
from 3 to the number of pieces of input language information
in the input language information sequence to repeatedly
carry out the same process as that mentioned above. s can be
changed from 1, and, in this case, the sound parameters 303 of
voice segments corresponding the input language informa-
tion of number 0 and the input language information of num-
ber -1 are set to fixed values predetermined.

The above-mentioned process is repeatedly carried out on
each of the candidate voice segment sequences 102 to deter-
mine the degree of match between each ofthe candidate voice
segment sequences 102 and the input language information
sequence. The calculation of the degree of match is shown by
taking, as an example, the candidate voice segment sequence
102 shown below among the plurality of candidate voice
segment sequences 102 shown in FIG. 6.

The first input language information: the first candidate
voice segment is the DB voice segment of number 1.

The second input language information: the second candi-
date voice segment is the DB voice segment of number 2.

The third input language information: the third candidate
voice segment is the DB voice segment of number 3.

The fourth input language information: the fourth candi-
date voice segment is the DB voice segment of number 4.

The fifth input language information: the fitth candidate
voice segment is the DB voice segment of number 4.

The sixth input language information: the sixth candidate
voice segment is the DB voice segment of number 1.
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The seventh input language information: the seventh can-
didate voice segment is the DB voice segment of number 2.

The first input language information, the second input lan-
guage information, and the third input language information,
and the sound parameters 303 of the DB voice segments of
number 1, number 2, and number 3 are referred to first, the
applicable cooccurrence criteria 106 are searched for from
the parameter dictionary 5 shown in FIG. 4, and a value which
is acquired by adding the parameters 107 corresponding to all
the applicable cooccurrence criteria 106 is set as a parameter
additional value. At this time, the “second preceding input
language information” in the cooccurrence criteria 106 cor-
responds to the first input language information (m/L), the
“first preceding input language information” in the cooccur-
rence criteria 106 corresponds to the second input language
information (i/L), and the “current input language informa-
tion” in the cooccurrence criteria 106 corresponds to the third
input language information (z/H). Further, at this time, the
“second preceding voice segment” in the cooccurrence crite-
ria 106 corresponds to the DB voice segment of number 1, the
“first preceding voice segment” in the cooccurrence criteria
106 corresponds to the DB voice segment of number 2, and
the “current voice segment” in the cooccurrence criteria 106
corresponds to the DB voice segment of number 3.

Next, the second input language information, the third
input language information, and the fourth input language
information, and the sound parameters 303 of the DB voice
segments of number 2, number 3, and number 4 are referred
to first, the applicable cooccurrence criteria 106 are searched
for from the parameter dictionary 5 shown in FIG. 4, and the
parameters 107 corresponding to all the applicable cooccur-
rence criteria 106 are added to the parameter additional value
mentioned above. At this time, the “second preceding input
language information” in the cooccurrence criteria 106 cor-
responds to the second input language information (i/L), the
“first preceding input language information” in the cooccur-
rence criteria 106 corresponds to the third input language
information (z/H), and the “current input language informa-
tion” in the cooccurrence criteria 106 corresponds to the
fourth input language information (u/H). Further, at this time,
the “second preceding voice segment” in the cooccurrence
criteria 106 corresponds to the DB voice segment of number
2, the “first preceding voice segment” in the cooccurrence
criteria 106 corresponds to the DB voice segment of number
3, and the “current voice segment” in the cooccurrence crite-
ria 106 corresponds to the DB voice segment of number 4.
The parameter additional value which is acquired by repeat-
edly carrying out the same process as the above-mentioned
process on up to the last sequence of the fifth input language
information, the sixth input language information, and the
seventh input language information, and the DB voice seg-
ments of number 4, number 1, and number 2 is set as the
degree of match.
<Step ST5>

In step ST5, the output voice segment sequence determi-
nator 2 selects the candidate voice segment sequence 102
whose degree of match calculated in step ST4 is the highest
one among those of the plurality of candidate voice segment
sequences 102 as the output voice segment sequence 103.
More specifically, the DB voice segments which construct the
candidate voice segment sequence 102 having the highest
degree of match are defined as output voice segments, and a
time sequence of these DB voice segments is defined as the
output voice segment sequence 103.
<Step ST6>

In step ST6, the waveform segment connector 3 connects
the waveform segments 304 of the output voice segments in
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the output voice segment sequence 103 in order to generate a
voice waveform 104 and outputs the generated voice wave-
form 104 from the voice synthesizer. The connection of the
waveform segments 304 should just be carried out by using,
for example, aknown technique of connecting the right end of
the sound pressure signal sequence of a first preceding output
voice segment and the left end of the sound pressure signal
sequence of the output voice segment following the first pre-
ceding output voice segment in such a way that they are in
phase with each other.

As previously explained, because the voice synthesizer in
accordance with Embodiment 1 includes: the candidate voice
segment sequence generator that generates candidate voice
segment sequences for an input language information
sequence which is an inputted time sequence of voice seg-
ments by referring to a voice segment database that stores
time sequences of voice segments; the output voice segment
determinator that calculates the degree of match between
each of the candidate voice segment sequences and the input
language information sequence by using a parameter show-
ing a value according to a criterion for cooccurrence between
the input language information sequence and a sound param-
eter showing the attribute of each of a plurality of candidate
voice segments in the candidate voice segment sequence to
determine an output voice segment sequence according to the
degree of match; and the waveform segment connector that
connects the voice segments corresponding to the output
voice segment sequence to generate a voice waveform, there
is provided an advantage of eliminating the necessity to pre-
pare an acoustic model according to phoneme and a rhythm
model according to rhythm, thereby being able to avoid a
problem arising in a conventional method of determining
“according to phoneme” and “according to rhythm”.

There is provided another advantage of being able to set a
parameter which takes into consideration a relationship
among phonemes, amplitude spectra, fundamental frequen-
cies, and so on, and to calculate an appropriate degree of
match. There is provided a further advantage of eliminating
the necessity to prepare an acoustic model according to pho-
neme, eliminating the necessity to set up a phoneme sequence
which is information for distributing according to phoneme,
and being able to simplify the operation of the device.

Further, because in the voice synthesizer in accordance
with Embodiment 1 each cooccurrence criteria are the ones
that the results of computation of the values of the sound
parameters of each of a plurality of candidate voice segments
in a candidate voice segment sequence are specific values, the
difference among the sound parameters of a plurality of can-
didate voice segments, such as a second preceding voice
segment, a first preceding voice segment, and a current voice
segment, the absolute value of the difference, a distance
among them, and a correlation value among them can be set as
cooccurrence criteria, there is provided a still further advan-
tage of being able to set up cooccurrence criteria and param-
eters which take into consideration the difference, the dis-
tance, the correlation, and so on regarding the relationship
among the sound parameters, and to calculate an appropriate
degree of match.

Embodiment 2

Although the parameter 107 is set to a value depending
upon the preferability of the combination of the input lan-
guage information sequence 101 and the sound parameters
303 of each candidate voice segment sequence 102 in
Embodiment 1, the parameter 107 can be alternatively set as
follows. More specifically, the parameter 107 is set to a large



US 9,230,536 B2

11

value in a case of a candidate voice segment sequence 102
which is the same as a DB voice segment sequence among a
plurality of candidate voice segment sequences 102 corre-
sponding to a sequence of pieces of DB language information
302 of the DB voice segment sequence. As an alternative, the
parameter 107 is set to a small value in a case of a candidate
voice segment sequence 102 different from the DB voice
segment sequence. The parameter 107 can be alternatively set
to both the values.

Next, a method of setting the parameter 107 in accordance
with Embodiment 2 will be explained. A candidate voice
segment sequence generator 1 assumes that a sequence of
pieces of DB language information in a voice segment data-
base 4 is an input language information sequence 101, and
generates a plurality of candidate voice segment sequences
102 corresponding to this input language information
sequence 101. An output voice segment sequence determina-
tor then determines a frequency A to which each cooccur-
rence criterion 106 is applied in a candidate voice segment
sequence 102, among the plurality of candidate voice seg-
ment sequences 102, which is the same as the DB voice
segment sequence. Next, the output voice segment sequence
determinator determines a frequency B to which each cooc-
currence criterion 106 is applied in a candidate voice segment
sequence 102, among the plurality of candidate voice seg-
ment sequences 102, which is different from the DB voice
segment sequence. The candidate voice segment sequence
generator then sets the parameter 107 of each cooccurrence
criterion 106 to the difference between the frequency A and
the frequency B (frequency A-frequency B).

As explained above, the candidate voice segment sequence
generator assumes that a time sequence of voice segments in
the voice segment database is an input language information
sequence, and generates a plurality of candidate voice seg-
ment sequences corresponding to the time sequence which is
assumed to be the input language information sequence, and
the output voice segment sequence determinator sets the
parameter to a large value for a candidate voice segment
sequence, among the plurality of generated candidate voice
segment sequences, which is the same as the time sequence
which is assumed to be the input language information
sequence, or sets the parameter to a small value for a candi-
date voice segment sequence, among the plurality of gener-
ated candidate voice segment sequences, which is different
from the time sequence which is assumed to be the input
language information sequence, and calculates the degree of
match between the input language information sequence and
the candidate voice segment sequence by using at least one of
the values. Therefore, the calculated degree of match is
increased when the candidate voice segment sequence is the
same as the DB voice segment sequence. As an alternative,
the calculated degree of match is decreased when the candi-
date voice segment sequence differs from the DB voice seg-
ment sequence. As an alternative, the calculated degree of
match is increased when the candidate voice segment
sequence is the same as the DB voice segment sequence while
the calculated degree of match is decreased when the candi-
date voice segment sequence differs from the DB voice seg-
ment sequence. As a result, the voice synthesizer can provide
anadvantage of being able to acquire an output voice segment
sequence having a time sequence of sound parameters similar
to a time sequence of sound parameters of a DB voice seg-
ment sequence which is constructed based on a narrator’s
recorded voice, and acquire a voice waveform close to the
narrator’s recorded voice.

Embodiment 3

In the method of setting the parameter 107 in accordance
with Embodiment 1 or Embodiment 2, the parameter 107 can
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be set as follows. More specifically, the parameter 107 is set
to a larger value when in a candidate voice segment sequence
102 corresponding to a sequence of pieces of DB language
information 302 of a DB voice segment sequence, the degree
of importance in terms of auditory sense of the sound param-
eters 303 of a DB voice segment in the DB voice segment
sequence is large and the degree of similarity between the
linguistic environment 309 of the DB language information
302 and the linguistic environment 309 of the candidate voice
segment in the candidate voice segment sequence 102 is
large.

Next, a method of setting the parameter 107 in accordance
with Embodiment 3 will be explained. A candidate voice
segment sequence generator 1 assumes that a sequence of
pieces of DB language information 302 in a voice segment
database 4 is an input language information sequence 101,
and generates a plurality of candidate voice segment
sequences 102 corresponding to this input language informa-
tion sequence 101. An output voice segment sequence deter-
minator then determines a degree of importance C, of the
sound parameters 303 of each DB voice segment in the DB
voice segment sequence which is the input language infor-
mation sequence 101. In this case, the degree of importance
C, has a large value when the sound parameters 303 ofthe DB
voice segment is important in terms of auditory sense (the
degree of importance is large). Concretely, for example, the
degree of importance C, is expressed by the amplitude of the
spectrum. In this case, the degree of importance C,; becomes
large at apoint where the amplitude of the spectrum is large (a
vowel or the like which can be easily heard auditorily),
whereas the degree of importance C, becomes small at a point
where the amplitude of the spectrum is small (a consonant or
the like which cannot be easily heard auditorily as compared
with a vowel or the like). Further, concretely, for example, the
degree of importance C, is defined as the reciprocal of a
temporal change in spectrum 306 of the DB voice segment (a
temporal change in spectrum at a point close to the left end of
the sound pressure signal sequence). In this case, the degree
of importance C, becomes large at a point where the conti-
nuity in the connection of waveform segments 304 is impor-
tant (a point between vowels, etc.), whereas the degree of
importance C, becomes small at a point where the continuity
in the connection of waveform segments 304 is not important
(a point between a vowel and a consonant, etc.) as compared
with the former point.

Next, for each of pairs of the linguistic environment 309 of
each input language information in the input language infor-
mation sequence 101 and the linguistic environment 309 of
each candidate voice segment in the candidate voice segment
sequence 102, the output voice segment sequence determina-
tor determines a degree of similarity C, between the linguistic
environments 309 of both the voice segments. In this case, the
degree of similarity C, between the linguistic environments
309 has a large value when the degree of similarity between
the linguistic environment 309 of each input language infor-
mation in the input language information sequence 101 and
the linguistic environment 309 of each voice segment in the
candidate voice segment sequence 102 is large. Concretely,
for example, the degree of similarity C, between the linguistic
environments 309 is 2 when the linguistic environment 309 of
the input language information in the input language infor-
mation sequence 101 matches that of the candidate voice
segment in the candidate voice segment sequence, the degree
of similarity C, is 1 when only the phoneme of the linguistic
environment 309 of the input language information in the
input language information sequence 101 matches that of the
candidate voice segment in the candidate voice segment
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sequence, or is 0 when the linguistic environment 309 of the
input language information in the input language information
sequence 101 does not match that of the candidate voice
segment in the candidate voice segment sequence at all.

Next, an initial value of the parameter 107 of each cooc-
currence criterion 106 is set to the parameter 107 set in
Embodiment 1 or Embodiment 2. Next, for each voice seg-
ment in the candidate voice segment sequence 102, the
parameter 107 of each applicable cooccurrence criterion 106
is updated by using C, and C,. Concretely, for each voice
segment in the candidate voice segment sequence 102, the
product of C, and C, is added to the parameter 107 of each
applicable cooccurrence criterion 106. For each voice seg-
ment in each of all the candidate voice segment sequences
102, this product is added to the parameter 107.

As previously explained, in the voice synthesizer in accor-
dance with Embodiment 3 the candidate voice segment
sequence generator assumes that a time sequence of voice
segments in the voice segment database is an input language
information sequence, and generates a plurality of candidate
voice segment sequences corresponding to the time sequence
which is assumed to be the input language information
sequence, and, when the degree of importance in terms of
auditory sense of each voice segment, among the plurality of
generated candidate voice segment sequences, in the time
sequence assumed to be the input language information
sequence is high, and the degree of similarity between a
linguistic environment which includes a target voice segment
in the candidate voice segment sequence and is a time
sequence of a plurality of continuous voice segments, and a
linguistic environment in the time sequence assumed to be the
input language information sequence is high, the output voice
segment sequence determinator calculates the degree of
match between the input language information sequence and
each of the candidate voice segment sequences by using the
parameter which is increased to a larger value than the param-
eter in accordance with Embodiment 1 or Embodiment 2.
Accordingly, because the parameter of a cooccurrence crite-
rion important in terms of auditory sense has a larger value,
and the parameter of a cooccurrence criterion which is
applied to a DB voice segment in a similar linguistic environ-
ment has a larger value, there is provided an advantage of
providing an output voice segment sequence which is a time
sequence of sound parameters more similar to a time
sequence of sound parameters of a DB voice segment
sequence constructed based on a narrator’s recorded voice by
using sound parameters important in terms of auditory sense,
and hence providing a voice waveform closer to the narrator’s
recorded voice, and another advantage of providing an output
voice segment sequence which is a time sequence of sound
parameters more similar to a time sequence of sound param-
eters of DB voice segments having a linguistic environment
similar to the sequence of the phonemes and the sound heights
of the pieces of input language information, and hence pro-
viding a voice waveform whose descriptions in language of
phonemes and sound heights are easier to be caught.

Further, because the product of C, and C, is added to the
parameter of each cooccurrence criterion which is applied to
each candidate voice segment in each candidate voice seg-
ment sequence in above-mentioned Embodiment 3, there is
provided an advantage of providing an output voice segment
sequence which is a time sequence of sound parameters more
similar to a time sequence of sound parameters of DB voice
segments having a linguistic environment similar to the
sequence of the phonemes and the sound heights of the pieces
of input language information by using sound parameters
important in terms of auditory sense, and hence providing a
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voice waveform whose descriptions in language of phonemes
and sound heights are easier to be caught.

Variant 1 of Embodiment 3

Although the product of C, and C, is added to the param-
eter 107 of each cooccurrence criterion 106 which is applied
to each voice segment in each candidate voice segment
sequence 102 in above-mentioned Embodiment 3, only C,
can be alternatively added to the parameter 107. In this case,
because when the degree of importance of the sound param-
eters 303 of a DB voice segment in a DB voice segment
sequence, among a plurality of candidate voice segment
sequences 102 corresponding to a sequence of pieces of DB
language information 302 of a DB voice segment sequence, is
high, the parameter 107 is set to a larger value, the parameter
107 of a cooccurrence criterion 106 important in terms of
auditory sense has a large value, and there is provided an
advantage of providing an output voice segment sequence
which is a time sequence of sound parameters 303 more
similar to a time sequence of sound parameters 303 of a DB
voice segment sequence constructed based on a narrator’s
recorded voice by using sound parameters 303 important in
terms of auditory sense, and hence providing a voice wave-
form closer to the narrator’s recorded voice.

Variant 2 of Embodiment 3

Further, although the product of C, and C, is added to the
parameter 107 of each cooccurrence criterion 106 which is
applied to each voice segment in each candidate voice seg-
ment sequence 102 in above-mentioned Embodiment 3, only
C, can be alternatively added to the parameter 107. In this
case, because when the degree of importance of the sound
parameters 303 of a DB voice segment in a DB voice segment
sequence, among a plurality of candidate voice segment
sequences 102 corresponding to a sequence of pieces of DB
language information 302 of a DB voice segment sequence, is
high, the parameter 107 is set to a larger value, the parameter
107 of a cooccurrence criterion 106 applied to a DB voice
segment in a similar linguistic environment 309 has a large
value, and there is provided an advantage of providing an
output voice segment sequence 103 which is a time sequence
of sound parameters 303 more similar to a time sequence of
sound parameters 303 of DB voice segments having a linguis-
tic environment 309 similar to the sequence of the phonemes
and the sound heights of the pieces of input language infor-
mation, and hence providing a voice waveform whose
descriptions in language of phonemes and sound heights are
easier to be caught.

Embodiment 4

Although the parameter 107 is set to a value depending
upon the preferability of the combination of the input lan-
guage information sequence 101 and the sound parameters of
each candidate voice segment sequence 102 in Embodiment
1, the parameter 107 can be alternatively set as follows. More
specifically, a model parameter acquired on the basis of a
conditional random field (CRF) in which a feature function
having a fixed value other than zero when the input language
information sequence 101 and the sound parameters 303 of a
plurality of candidate voice segments in a candidate voice
segment sequence 102 satisfy a cooccurrence criterion 106,
and having a zero value otherwise is defined as the parameter
value.
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Because the conditional random field is known as disclosed
by, for example, “Natural language processing series Intro-
duction to machine learning for natural language processing”
(edited by Manabu OKUMURA and written by Hiroya
TAKAMURA, Corona Publishing, Chapter 5, pp. 153 to
158), a detailed explanation of the conditional random field
will be omitted hereafter.

In this case, the conditional random field is defined by the
following equations (1) to (3).

Liw) = Z IOgP(y(i'O) |x(i)) —Ciw| - C2|W|2 Equation (1)
t

1 1(,0) Equation (2)
PO 1A0) = s exp[ Z; we g, 0, s)]

=

169

WO
Z0w) = Z exp[z we D, y&I, 5)

Equation (3)
=0 ]

J=0

In the above equations, the vector w has a value which
maximizes a criterion L (w) and is a model parameter. x is
the sequence of pieces of DB language information 302 of the
i-th voice. y* © is the DB voice segment sequence of the i-th
voice. L% ? is the number of voice segments in the DB voice
segment sequence of the i-th voice. P (y> “1x®) is a prob-
ability model defined by the equation (2), and shows a prob-
ability (conditional probability) that y® ® occurs when x” is
provided. s shows the time position of each voice segment in
the sound element sequence. N is the number of possible
candidate voice segment sequences 102 corresponding to x®.
Each of the candidate voice segment sequences 102 is gener-
ated by assuming that x” is the input language information
sequence 101 and carrying out the processes in steps ST1 to
ST3 explained in Embodiment 1. y® 7 is the voice segment
sequence corresponding to x® in the j-th candidate voice
segment sequence 102. L% is the number of candidate voice
segments in y*. ¢(x, v, s) is a vector value having a feature
function as an element. The feature function has a fixed value
other than zero (1 in this example) when, for the voice seg-
ment at the time position s in the voice segment sequence Y,
the sequence x of pieces of DB language information and the
voice segment sequence y satisfy a cooccurrence criterion
106, and has a zero value otherwise. The feature function
which is the k-th element is shown by the following equation.

e, YD gy = Equation (4)

{ 1 when cooccurence criterion is satisfied

0 otherwise

C, and C, are values for adjusting the magnitude of the model
parameter, and are determined while being adjusted experi-
mentally.

In the case of a parameter dictionary 5 shown in FIG. 4, the
feature function which is the first element of $(x®, y&7, 5) is
given by equation (5).
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when sound height of current Equation (5)
input language information is H

Pr1(xD, YD 5y = and fundamental freqency

of current voice segment is 7

0 otherwise

In this equation (5), “current input language information” in
the cooccurrence criterion 106 is replaced by “DB language
information at position s in X and “current voice segment”
in the cooccurrence criterion 106 is replaced by “candidate
voice segment at time position s in y® 7, and the cooccur-
rence criterion 106 is thus interpreted to mean that “the sound
height of the DB language information at the time position s
in x is H and the fundamental frequency of the candidate
voice segment at the time position s in y* is 7. The feature
function given by the equation (5) is 1 when this cooccurrence
criterion 106 is satisfied, and is 0 otherwise.

By using a conventional model parameter estimating
method, such as a maximum grade method or a probability
gradient method, the model parameter w which is determined
in such a way as to maximize the above-mentioned L.(w) is set
as the parameter 107 of the parameter dictionary 5. By setting
the parameter 107 this way, an optimal DB voice segment can
be selected on the basis of the measure shown by the equation
(D).

As previously explained, because in the voice synthesizer
in accordance with Embodiment 4, the output voice segment
sequence determinator calculates the degree of match
between each of candidate voice segment sequences and an
input language information sequence by using, instead of the
parameter in accordance with Embodiment 1, a parameter
which is acquired on the basis of a random field model using
a feature function having a fixed value other than zero when a
criterion for cooccurrence between the input language infor-
mation sequence and sound parameters showing the attribute
of each of a plurality of candidate voice segments in the
candidate voice segment sequence is satisfied, and having a
zero value otherwise, there is provided an advantage of being
able to automatically set a parameter according to a criterion
that the conditional probability is a maximum, and another
advantage of being able to construct, in a short time, a device
that can select a voice segment sequence by using a consistent
measure of maximizing the conditional probability.

Embodiment 5

Although the parameter 107 is set according to the equa-
tions (1), (2), and (3) in above-mentioned Embodiment 4, the
parameter 107 can be set by using, instead of the equation (3),
the following equation (6). The equation (6) shows a second
conditional random field. The equation (6) showing the sec-
ond conditional random field is acquired by applying a
method called BOOSTED MMI, which has been proposed
for the field of voice recognition (refer to “BOOSTED MMI
FOR MODEL AND FEATURE-SPACE DISCRIINATIVE
TRAINING”, Daniel Povey et al.), to a conditional random
field, and further modifying this method for selection of a
voice segment.

NGO 16D Equation (6)
70w = Z exp[z we g, D, 5) -
- =0

J=0
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-continued

a1 (00, s (D, ¥, )

In the above equation (6), y,(y" %, s) is a sound parameter
importance function, and returns a large (the degree of impor-
tance is large) value when the sound parameters 303 of the DB
voice segment at the time position s of y* © is important in
terms of auditory sense. This value is the degree of impor-
tance C, described in Embodiment 3.

P, (y® P, y& 9 5) is a language information similarity
function, and returns a large value when the linguistic envi-
ronment 309 of the DB voice segment at the position s in
y® 9 is similar to the linguistic environment 309 of the can-
didate voice segment at the position s in y*” corresponding to
x® (the degree of similarity is large). This value increases
with increase in the degree of similarity. This value is the
degree of similarity C, between the linguistic environments
309 described in Embodiment 3.

When determining a parameter w which maximizes [(w)
by using the equation (6) to which oy, (¥ @, shp,(y*" 2,
y® 2 5) is added, the model parameter w is determined in
such a way as to compensate for —o(y® 2, shp, (¥ 7,
vy, s) compared with the case of using the equation (3). As
a result, the language information similarity function has a
large value and the sound parameter importance function has
a large value, the parameter w in the case in which a cooc-
currence criterion 106 is satisfied has a large value compared
with that in the case of using the equation (3).

By using the model parameter which is determined the
above-mentioned way as the parameter 107, when the degree
ofimportance of the sound parameter 303 is large in step ST4,
a degree of match placing greater importance on the linguistic
environment 309 can be determined.

Variant 1 of Embodiment 5

Although the parameter w which maximizes [.(w) is deter-
mined by using the equation (6) to which —ay, (y®* @, ) ¢,
("7, y% 9 5y is added in the above-mentioned example, a
parameter w which maximizes the equation (6) in which the
above-mentioned additional term is replaced by —ow,(y%~,
y® 9, 5) can be alternatively determined. In this case, a degree
of match placing further importance on the linguistic envi-
ronment 309 can be determined in step ST4.

Variant 2 of Embodiment 5

Although the parameter w which maximizes [.(w) is deter-
mined by using the equation (6) to which —oyp(y® @, s) ¢,
(v, y% 9 sy is added in the above-mentioned example, a
parameter w which maximizes the equation (6) in which the
above-mentioned additional term is replaced by —cw ,(y" 2,
s) can be alternatively determined. In this case, a degree of
match placing further importance on the degree of impor-
tance of the sound parameters 303 can be determined in step
ST4.

Variant 3 of Embodiment 5

Although the parameter w which maximizes [.(w) is deter-
mined by using the equation (6) to which —ov, (y®* @, syy,
("7, y% 9 5y is added in the above-mentioned example, a
parameter w which maximizes the equation (6) in which the
above-mentioned additional term is replaced by -o,y,
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" 2, $)—a1p,(y= 2, v 9, 5) can be alternatively deter-
mined. o, and o, are constants which are adjusted experimen-
tally. In this case, a degree of match placing further impor-
tance on both the degree of importance of the sound
parameters 303 and the linguistic environment 309 can be
determined in step ST4.

As previously explained, the voice synthesizer in accor-
dance with Embodiment 5 simultaneously provides the same
advantage as that provided by Embodiment 3, and the same
advantage as that provided by Embodiment 4. More specifi-
cally, the voice synthesizer in accordance with Embodiment 5
provides an advantage of being able to automatically set a
parameter according to a criterion that the second conditional
probability is a maximum, another advantage of being able to
construct, in a short time, a device that can select a voice
segment sequence by using a consistent measure of maximiz-
ing the second conditional probability, and a further advan-
tage of being able to acquire a voice waveform which is easy
to be caught in terms of auditory sense and whose descrip-
tions in language of phonemes and sound heights are easy to
be caught.

While the invention has been described in its preferred
embodiments, it is to be understood that an arbitrary combi-
nation of two or more of the above-mentioned embodiments
can be made, various changes can be made in an arbitrary
component in accordance with any one of the above-men-
tioned embodiments, and an arbitrary component in accor-
dance with any one of the above-mentioned embodiments can
be omitted within the scope of the invention.

For example, the voice synthesizer in accordance with the
present invention can be implemented on two or more com-
puters on a network such as the Internet. Concretely, wave-
form segments can be, instead of being one component of the
voice segment database as shown in Embodiment 1, one
component of a waveform segment database disposed in a
computer (server) having a large-sized storage unit. The
server transmits waveform segments which are requested, via
the network, by a computer (client) which is a user’s terminal
to the client. On the other hand, the client acquires waveform
segments corresponding to an output voice segment sequence
from the server. By constructing the voice synthesizer this
way, the present invention can be implemented even in com-
puters having a small storage unit, and the same advantages
can be provided.

What is claimed is:

1. A voice synthesizer comprising:

a candidate voice segment sequence generator that gener-
ates candidate voice segment sequences for an inputted
language information sequence which is an inputted
time sequence of voice segments by referring to a voice
segment database that stores time sequences of voice
segments;

an output voice segment sequence determinator that calcu-
lates a degree of match between each of said candidate
voice segment sequences and said inputted language
information sequence by using a parameter showing a
value according to a criterion for cooccurrence between
said inputted language information sequence and a
sound parameter showing an attribute of each of a plu-
rality of candidate voice segments in said candidate
voice segment sequence to determine an output voice
segment sequence according to said degree of match;
and

a waveform segment connector that connects between said
voice segments corresponding to said output voice seg-
ment sequence to generate a voice waveform.



US 9,230,536 B2

19

2. The voice synthesizer according to claim 1, wherein said
output voice segment sequence determinator assumes that a
time sequence of voice segments in said voice segment data-
base is said inputted language information sequence to gen-
erate a plurality of candidate voice segment sequences corre-
sponding to said time sequence assumed to be said inputted
language information sequence, and calculates the degree of
match by using said parameter which is increased when said
each of said candidate voice segment sequences is same as
said time sequence assumed to be said inputted language
information sequence or calculates the degree of match by
using said parameter which is decreased when said each of
said candidate voice segment sequences is different from said
time sequence assumed to be said inputted language informa-
tion sequence.

3. The voice synthesizer according to claim 1, wherein said
output voice segment sequence determinator assumes that a
time sequence of voice segments in said voice segment data-
base is said inputted language information sequence to gen-
erate a plurality of candidate voice segment sequences corre-
sponding to said time sequence assumed to be said inputted
language information sequence, and, when a value showing a
degree of importance in terms of auditory sense of each voice
segment, among said plurality of generated candidate voice
segment sequences, in said time sequence assumed to be said
inputted language information sequence is large, and a degree
of similarity between a linguistic environment which
includes a target voice segment in said candidate voice seg-
ment sequence and is a time sequence of a plurality of con-
tinuous voice segments, and said linguistic environment in
said time sequence assumed to be said inputted language
information sequence is large, calculates the degree of match
by using a parameter which is increased to a larger value than
said parameter.

4. The voice synthesizer according to claim 2, wherein said
output voice segment sequence determinator assumes that a
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time sequence of voice segments in said voice segment data-
base is said inputted language information sequence to gen-
erate a plurality of candidate voice segment sequences corre-
sponding to said time sequence assumed to be said inputted
language information sequence, and, when a value showing a
degree of importance in terms of auditory sense of each voice
segment, among said plurality of generated candidate voice
segment sequences, in said time sequence assumed to be said
inputted language information sequence is large, and a degree
of similarity between a linguistic environment which
includes a target voice segment in said candidate voice seg-
ment sequence and is a time sequence of a plurality of con-
tinuous voice segments, and said linguistic environment in
said time sequence assumed to be said inputted language
information sequence is large, calculates the degree of match
by using a parameter which is increased to a larger value than
said parameter.

5. The voice synthesizer according to claim 1, wherein said
output voice segment sequence determinator calculates the
degree of match between each of said candidate voice seg-
ment sequences and said inputted language information
sequence by using, instead of said parameter, a parameter
which is acquired on a basis of a random field model using a
feature function having a fixed value other than zero when a
criterion for cooccurrence between said inputted language
information sequence and the sound parameter showing the
attribute of each of the plurality of candidate voice segments
in said each of said candidate voice segment sequences is
satisfied, and having a zero value otherwise.

6. The voice synthesizer according to claim 1, wherein the
cooccurrence criterion is one that a result of computation of a
value of the sound parameter of each of the plurality of
candidate voice segments in said each of said candidate voice
segment sequences has a specific value.
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